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Abstract
The use of FM for the transmission of video waves is being considered. To obtain
all of the noise-reduction benefits possible in FM, a pre-emphasis and de-emphasis net-
work should be used. The application of pre-emphasis to a video wave in the same
manner as used for audio wave results in a large increase in overshoot. Two ways of
overcoming this difficulty are proposed.
The first is to clip off the overshoots that are too large. This causes some degrada-
tion of quality in large transitions, but the over-all effect on a picture is fairly accept-
able.
The second method is to spread out the overshoot by means of phase distortion. An
approximate method of investigating the effect of this method is used. Only one experi-
mental test is tried out, with poor results, due to improper network approximation.
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PRE-EMPHASIZING VIDEO SIGNALS
In ordinary FM audio broadcasting, a considerable improvement in signal-to-noise
ratio over AM is achieved when a de-emphasis circuit which attenuates the high fre-
quencies after demodulation is used in the receiver. In conjunction with this circuit, a
pre-emphasis circuit is used in the transmitter so that the over-all response is flat.
The ability of the FM system to reject interfering signals depends on the action of this
circuit in averaging the demodulated output over short intervals of time. The improve-
ment in signal-to-noise ratio is proportional to the ratio of the deviation frequency to
the half-power frequency of the de-emphasis circuit (or to the double-power frequency
of the pre-emphasis circuit which is the same thing).
The possibility of using FM for television signals is being studied. The reason for
considering FM video is that it is hoped that some of the interference-reduction proper-
ties of FM already observed in audio work can be realized in television, and annoying
manifestations of interferences, such as ghosts, can be reduced. One of the first con-
siderations in the use of FM for video is the application of pre-emphasis to video
signals.
When the standard pre-emphasis with a double-power frequency of 2120 cps is applied
to audio signals with an upper limit around 15 kc/sec, the peak-to-peak value of the wave
is increased only one or two db. To avoid overmodulating the transmitter on the peaks,
the maximum modulation at low frequencies must be reduced by this amount. However,
the loss of a few decibels of signal is more than compensated in the 30-db improvement
in signal-to-noise ratio obtained with standard deviation, of which about 17 db can be
ascribed to the de-emphasis circuit. However, if pre-emphasis is applied to a tele-
vision signal having an upper limit around 4. 5 Mc/sec and the double-power frequency
is anywhere within the video band, large overshoots occur which raise the peak-to-peak
value a great deal. In fact, if a comparison is made to audio practice on a proportional
basis, rapid transistions from black to white have an overshoot of 300 percent, and
since transitions may also occur from white to black, the peak-to-peak may increase by
600 percent, or more than 15 db. If the pre-emphasis frequency is made higher so that
the overshoot is less, the signal-to-noise ratio improvement is less. It can be seen
that the problem of applying the pre-emphasis is not simple in the case of video waves.
The first piece of information needed is how much overshoot is caused by a given
pre-emphasis circuit. The pre-emphasis circuit characteristic is determined by the
de-emphasis circuit which, in turn, is chosen to give the required suppression of inter-
ference. A straight RC low-pass network gives good interference suppression, and it
is simple to calculate, so it will be considered first. It is not to be inferred that this
is the optimum, however. The exact inverse of this network is one that has infinite gain
at infinite frequency, but this is not realized in practice. Therefore, a network is used
which is the inverse of the de-emphasis network over the useful frequency band.
Figure 1 shows examples of the networks just mentioned.
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In the transfer functions, the time constant
T 1 corresponds to the double-power frequency
of the pre-emphasis network and the half-
o T o o power frequency of the de-emphasis network,
(a) (b)
USUAL PRE-EMPHASIS USUAL PRE-EMPHASISNETWORK f = 1/2rT , and T corresponds to the upper
NETWORK TRANSFER FUNCTION TRANSFER FUNCTION
F() - F(s)-K I+T's frequency limit of the pre-emphasis circuit,I+Ts I+T2s
f2 = 1/2rT 2. f2 is usually beyond the frequency
Fig. 1 band of interest in audio work, but the amount
De-emphasis and pre-
De-emphasis networkse- of overshoot in a standard video signal will still
increase as f 2 is moved well beyond 4. 5 Mc/sec.
For calculating the overshoot, a transition is used which is taken to be typical of
the response of a large number of stages. It is a so-called stretch function after the
nomenclature of Kallman (1). It is equally rounded at the top and the bottom and there
is just as much recoil before the transient as there is overshoot after it (see Fig. 2).
It is, of course, not realistic to use an ideal step function as the input, even though the
calculations are much easier, as the overshoots are much higher than those obtained in
practice. A simple mathematical expression is not available for the stretch function,
so the output of the networks was obtained by graphical convolution. Figure 3 shows the
overshoot as a function of T 1 for various values of T 2. These time constants are in the
same arbitrary units as those used in plotting the stretch function. To use with any
given system, say standard television, the rise time of the stretch function, which is
4. 35 in arbitrary units, can be set equal to the rise time of the system, in this instance
0.08 p.sec. Then T1 = 10 gives a value of fl of 865 kc/sec. The values of T 2 which are
of practical interest are those less than 2, since this corresponds to putting f 2 just at
the edge of the video band.
Note that the overshoots are plotted on a per unit scale. Throughout most of the
interesting region, the overshoot is in the order of one or two per unit. This is a fairly
alarming result when it is considered that a composite video signal will contain transi-
tions in both directions and the peak-to-peak will increase by twice these amounts. Of
course when the signal changes from one gray to another the overshoot will not exceed
the normal modulation limits for the intermediate gray levels. It is when a large rapid
change occurs that there is the most trouble. One way of handling the pre-emphasis
problem is just to use networks that will give good interference reduction, and clip off
the overshoots that exceed the modulation limits. The detail that is not too contrasty
will be reproduced satisfactorily, while objects that have full black and bright white
detail such as black-and-white checked suits and test patterns will not fare so well.
A calculation has been carried through to determine the effect of allowing different
amounts of overshoot to pass through. The system represented by the calculations is
shown in Fig. 4. Figure 5 shows the rise time of several waves having overshoots
between 200 to 250 percent before clipping plotted as a function of the overshoot allowed
after the clipper. The rise time is of course calculated after the de-emphasis circuit.
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The wave shape of the transition at the output of the de-emphasis circuit is of some
interest, and some typical wave shapes are shown in Fig. 6. The important thing is
I
t IN ARBITRARY UNITS
Fig. 6 Transient response when input has been pre-emphasized, clipped, and de-
emphasized. Overshoot after pre-emphasis = 252 percent.
that with a moderate amount of clipping, the wave still has a fast rise for a good portion
of the distance, and has a slower rise for the rest of the way. The appearance on the
television screen of transitions that have not been too badly clipped is that objects will
have fairly sharp edges, but with trailing smears after them. (A slight approximation
was introduced in the calculations as the de-emphasis circuit was assumed to be the
exact inverse of the pre-emphasis circuit, but this does not introduce too much error
if T2 is sufficiently small.) The appearance of the rise time versus clipping level
curves can be explained in the following manner. The rise time is measured, as is the
usual practice, from the time that the wave achieves 10 percent of its final value to the
time that it achieves 90 percent of the same. If the rapid rise part of the transition,
which can be seen in Fig. 6, reaches the 90 percent point, the rise time is not appre-
ciably different from the original wave. If, however, the curve breaks before then, the
slow rise may take much longer to reach 90 percent. Therefore the rise time is very
little affected by clipping up to a certain point, whereupon a large degradation in quality
results.
The effect of the clipping is that the rise time of the system will depend upon the
amplitude of the transient (and also upon how near the transient is to the clipping level
toward which the transient moves). A somewhat similar effect is noted in AM vestigial
sideband transmission, the larger transients having about 1. 6 times the rise time of
the smaller ones (2). This effect has not been considered to be too detrimental in AM,
so it is hoped that the clipping in the FM system will still allow the transmission of
acceptable pictures.
Figures 7 through 10 show some comparative pictures taken on a facsimile system.
The facsimile system operates in the same manner as a television system, and has com-
parable resolution. (Actually it is a little better.) The main difference is that the time
has been scaled up by a factor of 104; that is, a line takes 0. 6 seconds to be scanned ir
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facsimile and 60 pLsec in television. The rise time of the facsimile is 0. 8 msec while
television rises in 0.08 Bisec (or a little more). The proper viewing distance for these
pictures, which had a height of about 7 inches before cutting, is at least 35 inches. The
temptation is to inspect the facsimile pictures from a closer distance than television
pictures because the line structure has been nearly eliminated in the facsimile system.
Figure 7 is a test pattern taken through an FM system with the modulation reduced
so that all the overshoot is passed on unclipped. The overshoot here is about 180 per-
cent. It has nearly the quality of the same pattern done on the facsimile system without
the FM link in the circuit. Figure 8 is the same pattern with all the overshoot beyond
full black to white modulation clipped off. Now a certain amount of smear is noticed at
the transitions. This test pattern differs considerably from the majority of pictures
transmitted by television systems, since it consists entirely of full black-to-white
transitions at maximum speed. Therefore it is a much more severe test than an actual
picture. Figure 9 is a picture transmitted through the system with the overshoot passed,
and Figure 10 is a picture transmitted with the clipper set so that no overshoot beyond
full white or full black is allowed through. A rapid comparison of the two shows little
difference. Closer inspection of Fig. 10 will show a smear following very white objects.
There should also be a similar smear following very black objects, but for some reason,
probably nonlinear contrast in the paper, they are not noticeable. If the picture were a
moving picture, as in television, a careful inspection of an object is difficult, so it is
possible that the smear will not be noticeable, especially since it does not follow every
object in the picture.
The question may well be asked as to whether this is the best that can be done. Up
to this point it was assumed that the pre-emphasis and de-emphasis circuits would have
the same general nature as those already in use in FM broadcasting. There is little
reason to assume that this will represent the best possible solution to the video problem.
One requirement that will of course be retained is that the de-emphasis circuit should
improve the signal-to-noise ratio. Another requirement to which attention should be
paid is that the pre-emphasis network ought to compensate for the characteristics of the
de-emphasis network so that the signal will be passed undamaged through the entire
system. Note, however, that in proposing the clipping scheme some liberty has been
taken with this requirement. There only small signals pass through the system un-
damaged; the larger signals suffer some deterioration in quality.
The requirement that the de-emphasis circuit cut down on the noise means that its
amplitude response falls off at high frequencies, since the interference contains mostly
high frequencies (3). This, in turn, indicates that the pre-emphasis circuit should have
a rising amplitude response at high frequencies. This is the point that causes the
trouble. Is it possible to increase the high frequencies without increasing the peak-to-
peak value of the wave? Probably not. But is it necessary that the increase be so
large? The peaks occur only at the points where there is a large, rapid transition. In
a video wave there may be many of these peaks, but they do not occur all the time. Only
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objects like test patterns or black-and-white checked suits show this large number of
peaks. If there is difficulty at isolated points it might be possible to spread the difficulty
more evenly and have less peak-to-peak value. It would then be the duty of the de-
emphasis circuit to put the signal back together again.
Consider a single transition with overshoot due to ordinary pre-emphasis such as
already calculated. Its spectrum, if it were not for the pre-emphasis, would fall off as
the reciprocal of the frequency up to the point where the amplifiers through which the
transition has passed begin to cut off. After a certain frequency, the contribution of
the spectrum is negligible. Figure 11 shows the transitions before and after pre-
emphasis and their respective spectra.
The important difference between Figs. 1 lc
and lid is the region in the middle of the band
in Fig. 1 ld that is nearly constant instead of
falling off. It is the excess amplitude in this
(o) (c) region that accounts for the excess peak in the
time function. It is felt that this segment of the
Id| F V frequency spectrum makes its contribution to
E CL E A h the transition in the overshoot region of time,
() X and that if it were possible to cause this seg-(b) (d)
ment to contribute over a longer time, perhaps
Fig. 11 the peak would be less. This could possibly be
(a) Transition before pre-emphasis.(a) Transition before pre-emphasis. done by introducing a certain amount of phase(b) Transition after pre-emphasis.
(c) Spectrum of wave in Fig. la. distortion. For this purpose consider the part
(d) Spectrum of wave in Fig. Ilb.(d) Spectrum of wave in Fig. lb. of the spectrum starting at the point where the
pre-emphasized spectrum departs from the normal one, and continuing up to the useful
limit of the band. This part is divided up into small sections of spectrum of equal width
Ao. The center of each section is at on, where n is the number of the section. The
amplitude spectrum is represented by A(o), and the phase characteristic by (w). Over
the width of any section A(c) is nearly constant at the value A(cn) if the sections are
small. The phase is also idealized to have simple behavior. It is assumed that at the
center of the section it will have a value n, and a nearly constant slope
D(n) do ·
wo= n
We can now calculate the contribution of section number n fn(t). It can be seen that D( n)
can be set to zero, the calculation made without it, and then proper delay can be set in
afterward. Therefore, without the delay
sin A t
fn(t) = A(cn) cos (wt + n ) d = A(wn) Aow cos (nt + n) a0t
n -A/2 
n
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This is a sine wave of frequency n modulated by a function of the familiar form sin x/x.
It is sketched in Fig. 12. If D(wn) is not set equal to zero, the time of occurrence of
the peak will not be t = 0, but some later time.
If now all the sections of the spectrum are
added together at their proper times of arrival,
t some guess can be made as to the probable peak
amplitude. Since the center frequencies of the
groups are different, the actual manner of addi-
tion will be complicated, but if we take the
pessimistic view and simply add the individual
peak values the matter is simplified.
Fig. 12 f (t) contribution of small The highest peak value for the wave occurs
sction of frequency spec- when all f (t)'s occur at the same time, that is
trum to time function. n
D(en) and n are constants. The resultant
estimated peak value is then N
peak value = A(en) A
n=O
where N is the total number of sections. In this simple case there is no need to break
the spectrum up into small parts for this calculation, and we can write with more
accuracy 00
peak value = A(X) de
where L is the lower limit of the divided part of the spectrum. Note that for an abso-
lutely square wave with no pre-emphasis, the maximum peak value is infinite, since the
integral diverges. This shows that phase distortion can have marked effect on the peak
amplitude. The absolutely square wave has a phase which is constant at = - (/2). In-
clusion of this phase makes an infinite difference in peak amplitude. A network to pro-
duce this change is not necessarily realizable.
Less peak amplitude will occur when the waves from the individual frequency sec-
tions arrive at different times. A convenient spacing is one where the times of arrival
of adjacent waves differ by 2w/Aw, since each wave goes through zero at this distance
from its own peak, as shown in Fig. 12. Then the peak amplitude is nearly the peak of
the largest section alone. If the sections are chosen narrow (and consequently numer-
ous), the peak willbe small, since the peak is proportional to Aw. It would not seem likely
that the amplitude of the wave at t = co could be affected by finite amounts of phase dis-
tortion, since this amplitude is determined by the gain of the networks at zero frequency,
but it would seem possible to reduce the overshoot to any desired small value. In this
case, however, the contributions of the frequency sections would be spread out over a
very long time, since when the frequency groups are narrow, the corresponding time
function from each group is long and there are more frequency groups. Therefore, if
-12-
the spectrum is to be divided into a certain number of sections, the overshoot is spread
out in time by the square of this number, and if the amplitude of each one of the sections
is the same, the resultant peak is divided by this number. This seems reasonable since
the amount of energy in the spectrum has not been changed, and the energy in a signal
is proportional to the square of the amplitude of the signal and only to the first power
of the length of the signal.
The next question is whether an actual phase distorting network can accomplish this
spread. It is required that the delay, which is the slope of the phase, change by an
amount 2rr/Ao in a frequency interval A . A phase characteristic which does this is a
parabolic one where (o) = rw e/(A.). However if this phase function is chosen, it
cannot be assumed that the delay is constant across a section width A. In fact, it must
change by the same amount across the section that it changes between the centers of ad-
jacent sections. This means that the contribution to the time function from each section
is spread out and lowered in peak amplitude. The spreading out causes adjacent groups
to overlap and the total peak value to increase. This effect and the lowering of the peak
of each group tend to counteract each other, but the actual calculation of the effect of a
square-law phase characteristic is somewhat involved. Here the effect will be approxi-
mated by omitting it since the analysis is only useful to indicate general tendencies.
A variable which has not yet been pinned down is the width of the section, A . Since
the operation of cutting up the frequency spectrum is only an aid to thinking, the width
of the sections is arbitrary. However, in a rough way it indicates approximately how
much reduction can be hoped for, and how much time will be occupied by the transient.
For a first approximation it can be said that the peak of the time function due to any
given frequency section is proportional to its width, &Ao, and it can be hoped that using
10 sections will cause a 10:1 decrease in peak value if the sections are all of the same
amplitude. Accompanying this will be a 100:1 increase in the length of time occupied in
the overshoot. If the total frequency band under consideration has a width l
-WL
10
the desired phase characteristic is
2
(e(w) = 100r W
- L)2
and
D() = 200r 2
(n - L)
To get a better idea of how much peak can be expected, we can draw up the am-
plitude spectrum of the waves involved and make a few approximate calculations.
Figure 13 shows the amplitude response of a filter which has the transient response
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shown in Fig. 2 when an ideal step10
function is applied to the input. Also
0.9 \shown is the amplitude spectrum of an
ideal step function, and the amplitude
O.8
spectrum of the step function after
0.7 - passing through the filter and a pre-
FILTER RESPONSE emphasis circuit for which T 10,
O. 0S
T 2 = 1. 25. The overshoot, as calcu-
0.5 - lated earlier, is 136 percent.
4
OS 4-\First we calculate the maximum
= \ peak of the contribution due to all the
0
Z03 _\ sections above wL arriving at the same0.3 
time. This is more or less the case
SPECTRUM OF TRANSITION
02 FILTERED a PRE-EMPHASIZED when no phase distortion is applied,
T 10, 1.25
SPECTRUMOF IDEAL
OJ SQUARE TRANSITION since a calculation of the phase slope
of the pre-emphasis circuit shows
O 0 40 0.6 0 8  1.00 14 nearly constant delay above 2fl
.
Q 0400608NORMAL0ED RADIAN FREQUENCY
NORMALIZED RLADIAN FREQUENCY Simple graphical integration gives
the peak value due to all sections asFig. 13 Spectrum of ideal square transition,
spectrum of transition filtered and 138 percent.
pre-emphasized, and filter response. If we assume that the contributions
of the frequency sections are separated in time by the amount 2Zr/Aw, the peak is that of
the largest section alone which is 51 percent. This is not 10:1 down, since the amplitude
spectrum is not constant for all 10 sections. Instead, the first section contributes over
one-third the total peak.
This is, of course an approximate theory, but some evidence can be quoted in its
support. If the square-law phase network is to spread out an overshoot, the response
of the network to an impulse should not contain an impulse, i. e. the network spreads
out an impulse, too. The impulse response of a square-law phase characteristic has
been given by M. J. diToro (4). The form of this response is an oscillation of constant
bright after a build-up at the beginning. The oscillation increases in frequency as time
goes on, but the amplitude does not become infinite at any point.
Another problem to consider is the possibility of realizing a square-law phase char-
acteristic. This characteristic need not be obtained from zero frequency to infinity,
but only over the band occupied by the frequency sections whose time functions are to be
separated in time. In addition, a phase characteristic is needed that will put the signal
back together again. What is desired here is a delay that adds up to a constant when
combined with the first phase distortion. The exact inverse would require a negative
delay over the band.
The easiest way to approximate the first network is to select a simple phase correc-
tor network that has a delay curve that has nearly the desired shape and cascade enough
14-
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Fig. 14 Delay = d/do for all-pass network shown.
networks to get the required total change in delay. Figure 14 shows some typical delay
curves obtainable with a simple network. If curve C is used, the desired delay differ-
ence can be obtained in 36 sections. A typical filter section is shown in Fig. 15. It uses
one-fourth as many reactive elements as the usual balanced lattice, and has the advan-
tage that successive sections do not interact while being
+300V
adjusted. The driving impedance in both the plate and
cathode should be much lower than the resistance of the
filter, and the filter should work into an open circuit.
The reactive elements should have infinite Q, but if the
finite Q in the coil is caused entirely by series resist-
ance, it canbe shown that an increase in the drive voltage
from the plate of the tube will compensate exactly for this.
The increase in voltage can be obtained by increasing the
nll-t l-' rc,- l",,,ic-n. T- firc n"twr I+ " r, i n'_ f - i n
Fig. 15 the facsimile system, with an o of 6000 radians per
All-pass filter section second. Since the system was direct coupled, the im-
used to approximate
used to approximate harpedance level had to be kept high to minimize drift. The
square-law phase char-
acteristic. level here is 100, 000 ohms, and the choke inductance
must then be around 45 henrys. This means that it
almost has to be iron coiled, and this throws in the possibility of nonlinear operation.
Figure 16 shows some results of this experiment. The signal level was kept low so
as to minimize nonlinear effects. Only 24 of the 36 sections were used, but it was hoped
that this would show some reduction in peak value. Figure 16a shows the wave at the
input of the phase distorter and Fig. 16b shows the wave at the output. It can be seen
-15-
INPUT
___ ____11___11^__41__1__ L-Y--^ILIII-·DZZ·U·-LYY-· YLIIII^II·I··-·IY^·II^·----I_-X-·I- --I
Fig. 16a Fig. 16b
Pre-emphasized video signal Pre-emphasized video wave
overshoot = 169 percent. with phase distortion. Over-
shoot = 115 percent length
of total period 185 msec.
that the overshoot is not reduced as much as calculated, being 169 percent before phase
distortion and 116 percent after. Not enough energy has been transferred from the over-
shoot region to the trailing ripple region. The ripple region consists of a section 40
msec long where the amplitude is nearly up to what it should be and a section 66 msec
long where the amplitude is almost too small to see. This suggests that a different
method of approximating the square-law phase behavior is in order. Another method,
suggested by R. E. Scott, of this Laboratory, is based on an assumption that a uniform
distribution of poles and zeros along the j-axis of the frequency plate will cause a
linear phase characteristic, and that making a conformal transformation to a new fre-
quency plane such that the old frequency is now proportional to the square of the new
will give a square-law phase.
At present the better of the two systems seems to be the dipping one. The phase
distortion scheme is not yet fully worked out and it is at present much more complicated.
There is a possible difficulty to be considered. It is that the signal must be put back to-
gether, which means that the pre-emphasis and de-emphasis networks must compensate
for one another with a residual phase error which is much smaller than the distortion
caused by one network alone. This means very accurate alignment of the filters.
Another problem to be considered is the size of the filter used in the de-emphasis
circuit. This 36-stage filter is not impossible in a broadcast transmitter, but is a
bit large for broadcast receivers. To be practical, some method of obtaining large
delays compactly and cheaply need be found.
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